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Amendments to the Claims 

Please cancel Claims 8-12, 14, 21, 29, 39-43, 45, 52, and 62-63. Please amend Claims 1- 
7, 13, 15-20, 22-26, 28-38, 44, 46-51, and 53-61. Please add new Claims 64-73. The Claim 
Listing below will replace all prior versions of the claims in the application: 

Claim Listing 

1 . (Currently Amended) In a communications syst e m for transmitting a n e ar e nd digital 
signal using a compr e ssion cod e comprising a plurality of param e t e rs including a 
first param e ter, said param e t e rs r e pr e s e nting an audio s ignal comprising a plurality 
of audio charact e ristics, said compr e ssion cod e b e ing d e oodabl e by a plurality of 
decoding procodur e s, said communications system also transmitting a far e nd digital 
signal using a compr e ssion cod e . An apparatus for reducing echo in a said n e ar e nd 
digital near-end signal in a communication system including near-end and far-end 
signals, the near-end signal including a plurality of parameters, the apparatus 
comprising: 

a r e ading imit r e sponsive to s aid near e nd digital signal to read at l e ast said 
first param e t e r of said plurality of param e t e rs, 

a d e cod e r to p e rform at l e ast on e of said plurality of d e coding procedur e s on 
said n e ar e nd digital signal and said for e nd digital signal and g e nerate at l e ast 
partially d e coded n e ar e nd signals and at l e ast partially decod e d far e nd signals, 
r e sponsiv e to said at l e ast partially decoded n e ar e nd signals and at l e ast partially 
d e cod e d for e nd signals, an adjustm e nt unit to adjust said first param e t e r to gen e rat e 
an adjust e d first param e t e r, 

an echo likelihood e stimator estimation module to e stimate generate an echo 
likelihood estimate representative of a likelihood of an echo signal in a partially 
decoded n e ar e nd near-end signal as a function of a ratio of pow e rs of a power of a 
present subfi-ame of the n e ar e nd near-end signal and the and power of past values of 
fef-end far-end subfi'ames in a buffer simal; 

r e sponsiv e to said e cho lilcelihood e stunat e , a r e plac e m e nt unit to r e place an 
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echo reduction module to reduce echo in the near-end signal as a function of 
replacing at least said a first parameter of the plurality of parameters with an smd 
adjusted first parameter in said n e ar e nd digital signal to r e duc e e cho in th e n e ar e nd 
digital signal, responsive to the echo likelihood estimate: and 

a transmitter to transmit said Ae n e ar end near-end digital signal with 
reduced echo. 

2 . (Currently Amended) Apparatus, as claim e d in The apparatus of claim 1 , wh e r e in said 

first param e t e r is a quantiz e d first param e t e r and wh e rein said fiirther including an 
adjustment «nit module that generates smd tfie adjusted first parameter in part by as 
a function of quantizing said adjust e d the first parameter b e fore writing said adjust e d 
first param e t e r into said n e ar e nd digital signal . 

3 . (Currently Amended) Apparatus, as claim e d in The apparatus of claim [[ 1 ,]] 64 

wherein said die echo likelihood estimator estimation module is arranged r e sponsiv e 
to said at l e ast partially d e cod e d n e ar e nd signals and said at l e ast partially d e cod e d 
far e nd signals to generate an tihe echo likelihood signal estimate as a function of an 
r e pr e s e nting th e amount of echo present in tiie partially decoded near e nd near- 
end signals, and wh e rein said adjustm e nt unit is r e sponsiv e to said e cho lik e lihood 
signal to adjust said first param e t e r . 

4. (Currently Amended) Apparatus, as claim e d in The apparatus of claim [[3,]] 1 wherein 

said charact e ristics compris e sp e ctral shape and wherein said the first parameter of 
the plurality of parameters includes at least one of compris e s a representation of 
filter coefficients , and wh e rein said adjustment unit is r e sponsiv e to said e cho 
likelihood signal to adjust said repres e ntation of filter coeffici e nts towards a 
magnitude fr e qu e nov respons e a codebook gain, codebook vector parameter, pitch 
period parameter, or pitch gain parameter . 
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5 . (Currently Amended) Apparatus, as claim e d in The apparatus of claim 4[[ J] wherein 

said tfie representation of filter coefficients comprises includes line spectral 
frequencies. 

6. (Currently Amended) Apparatus, as claim e d in The apparatus of claim 4[[,]] wherein 

said Ae representation of filter coefficients compris e s includes log area ratios. 

7. (Currently Amended) Appamtus, as claim e d m The apparatus of claim [[4,]] 66 

wherein said tiie magnitude frequency response corresponds to background noise. 

8-12. (Cancelled). 

1 3 . (Currently Amended) Apparatus, as claimed in The apparatus of claim [[ 1 2,]] 4 
wherein said the representation of filter coefficients compris e s includes at least one of 
log area ratios or line spectral frequencies. 

14. (Cancelled). 

1 5. (Currently Amended) Apparatus, as claim e d in The apparatus of claim [[12,]] 4 
wherein said tfie representation of filter coefficients corresponds to a linear predictive 
coding synthesis filter. 

1 6. (Currently Amended) Apparatus, as claim e d in The apparatus of claim [[ 1 ,]] 64 
wherein said first param e t e r corr e spond s to a first charact e ristic of said plurality of 
audio charact e ristics, wh e r e in said plurality of d e coding proc e dur e s compris e s the 
decoder module is arranged to employ at least one decoding procedure avoiding to 
avoid substantial altering of s«d a first characteristic of the near-end signal and 
wh e r e in said d e cod e r avoids p e rforming said at l e ast one d e coding procedur e. 
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1 7. (Currently Amended) Apparatus, as claim e d in The apparatus of claim 1 6[[,]] wherein 
said audio the first characteristic of the near-end signal is compris e s power and wh e r e in 
said first charact e ristic compris e s pow e r . 

1 8 . (Currently Amended) Apparatus, as claim e d in The apparatus of claim 1 6, wherein said 
the at least one decoding procedure compris e s includes post-filtering. 

1 9. (Currently Amended) Apparatus, as claim e d in The apparatus of claim 1 [[,]] wherein 
said the transmitter is arranged to transmit the near-end and far-end signals using a 
compression code compris e s a lin e ar pr e dictiv e cod e. 

20. (Currently Amended) Apparatus, as claim e d in The apparatus of claim [[ 1 ,]] 19 
wherein said the compression code comprises includes at least one of a linear 
predictive code, regular pulse excitation - long term prediction code , or code excited 
linear prediction code . 

21. (Cancelled). 

22. (Currently Amended) Apparatus, as claim e d in The apparatus of claim 1 [[,]] wherein 
seAd tibe first parameter of the plurality of parameters compris e s includes a series of 
first parameters received over tim e, wherein said r e ading unit is responsiv e to said n e ar 
e nd digital signal to r e ad said se ries of first param e t e rs, and wh e rein said adjustm e nt 
unit is r e sponsiv e to said at l e ast partially d e cod e d near e nd and far end signals and to 
at least a plurality of said series of first paramet e rs to gen e rat e said adjust e d first 
param e t e r . 

23 . (Currently Amended) Apparatus, as claim e d in The apparatus of claim [[ 1 ,]] 19 
wherein smd tihe compression code is arranged in fi:ames of said digital the near-end 
and far-end signals^ and wh e r e in said the fi^es compris e including a plurality of 
subfi:^es each comprising including said die first paramete r, wher e in said r e ading unit 
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is r e sponsiv e to said comprossion cod e to r e ad at l e ast said first paramoter from each of 
said plurality of subfimn e s, and wher e in said r e plac e m e nt xinit r e plac e s said first 
param e t e r with said adjust e d first param e t e r in e ach of said plurality of subfram e s . 

24. (Currently Amended) Apparatus, claimed in The apparatus of claim [[23,]] i 
wherein said r e ading unit r e ads said first param e t e r from a first of said subfrom e s, said 
decoder b e gins to perform at least a plurality of said d e coding proc e dures on said near 
e nd digital signal during said first subfram e and said r e plac e m e nt unit the echo 
reduction module is arranged to r e plac e s replace a smd first parameter in a subframe 
with said adjust e d first param e t e r before proc e ssing replacing a first parameter of a 
subsequent subframe following th e first subframe so as to achieve lower delay. 

25. (Currently Amended) Apparatus, as claim e d in The apparatus of claim 1 [[,]] wherein 
the echo reduction module said compression cod e is arranged m fitun e s of said digital 
signals and wher e in said fram e s compris e a plurality of subfram es e ach comprising 
said first paramet e r, wher e in said d e cod e r p e rforms at l e ast a plurality of said d e coding 
proc e dur e s during a first of said subfram e s to g e n e rate said at l e ast partially d e cod e d 
n e ar end and far end signals, said reading unit r e ads said first paramet e r from a second 
of said subfram e s occurring subs e quent to s aid first subfram e , said adjustm e nt unit 
g e n e rat e s said adjusted fir s t param e ter in r e spons e to said at l e ast partially d e cod e d 
n e ar e nd and far e nd signals and said first paramet e r, and said r e plac e m e nt unit 
r e places to replace said a first parameter of said s e cond in a subframe with said an 
adjusted first parameter of a previous subframe . 

26. (Currently Amended) An apparatus for reducing echo fe in a communications system 
for transmitting including a n e ar e nd near-end and far-end digital signal signals, the 
near-end signal comprising including code samples, said the code samples comprising 
including first bits using a compr e ssion code and second bits using a lin e ar cod e , said 
cod e sampl e s r e pr e s e ntmg an audio signal, said audio signal having a plurality of audio 
charact e ristics, said syst e m also transmitting a far end digital signal , the apparatus f&F 
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r e ducing e cho comprising: 

an echo likelihood estimation module to generate an echo likelihood estimate 
representative of a likelihood of an echo signal in a partially decoded near-end signal as 
a function of a ratio of a power of a present subframe of the near-end signal and power 
of past values of far-end subframes in a buffer; 

a processor r e sponsiv e to said n e ar e nd digital signal and said far end digital 
signal an adjustment module to adjust said first bits and said second bit s, without 
d e coding said compr e ssion code in said n e ar e nd digital signal, to reduce echo in the 
n e ar e nd near-end digital signal; and 

a transmitter module to transmit the adjusted first and second bits in-an 
adjust e d stat e to a far e nd far-end device to present th e first and s e cond bits in an 
audible form to an end user. 

27. (Cancelled) 

28. (Currently Amended) Apparatus, as claim e d in The apparatus of claim 26[[,]] wherein 
said the second bits are arranged to employ a linear cod e, the linear code compris e s 
including pulse code modulation (PCM) code. 

29. (Currently Amended) Apparatus, as claim e d in The apparatus of claim 26[[,]] wherein 
the first bits are arranged to employ a compression code, said tfie compression code 
including samples tii^ conform to Ae a tandem-fi-ee operation of fee a global system 
for mobile communications standard. 

30. (Currently Amended) Apparatus, as claim e d m The apparatus of claim 26[[,]] wherein 
S€ttd the first bits comprise th e include two least significant bits of s«d the code 
samples and wh e r e in said the second bits compris e the 6 include six most significant 
bits of Bead the code samples. 
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3 1 . (Currently Amended) Apparatus, qq olaimod in The apparatus of claim [[29 J] 30 
wherein said 6 the six m ost significant bits compris e of the code sample include PCM 
code. 

32. (Currently Amended) A method for reducing echo In in a communications system fef 
transmitting a near e nd digital signal using a compr e ssion cod e comprising includmg 
near-end and far-end signals, the near-end signal including a plurality of parameters 
including a first parameter, said paramet e rs r e pres e nting an audio signal comprising a 
plurality of audio charact e ristics, said compr e ssion code b e ing d e codabl e by a plurality 
of d e coding proc e dures, said communications syst e m also transmitting a far e nd digital 
s ignal using a compr e ssion cod e, [[a]] the method of reducing e cho in said n e ar e nd 
digital signal comprising: 

r e ading at l e ast said first param e ter of said plurality of paramet e rs in 
r e spons e to said n e ar end digital signal; 

p e rforming at l e ast on e of said plurality of d e coding proc e dur e s on said n e ar 
end digital signal and said far e nd digital signal to g e n e rat e at l e ast partially d e cod e d 
n e ar e nd signals and at l e ast partially d e cod e d far end signals; 

adjusting said first param e t e r in r e spons e to said at l e ast partially decod e d 
near e nd signals and at l e ast partially d e cod e d far e nd signals to g e n e rate an adjusted 
first param e t e r; 

e stimating generating an echo likelihood estimate representative of a 
likelihood of an echo signal in s«d a partially decoded n e ar e nd near-end signal as a 
fimction of a ratio of pow e rs power of th e near e nd a present subfi'ame of the near-end 
signal and ^ power of past values of far e nd far-end subfi'ames in a buffer signal ; 

reducing echo in the near-end signal as a fimction of replacing at least said a 
first parameter of the plurality of parameters with said an adjusted first parameter 'm 
said near e nd digital signal, in respons e responsive to said tiie echo likelihood 
estimate ;, to r e duc e e cho in th e n e ar e nd digital signal, and 

transmitting said tfie n e ar end digital near-end signal with reduced echo. 
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33. (Currently Amended) A m e thod, as claim e d in The method of claim 32 , wherein said 
first paramet e r is a quantiz e d first param e t e r and wh e rein said adjusting comprises 
fiirther including generating sad tiie adjusted first parameter in part by as a fiinction of 
quantizing said adjust e d the first parameter. 

34. (Currently Amended) A m e thod, as claim e d in The method of claim 32 , wh e r e in said 
adjusting comprises fiirther including generating m the echo likelihood signal estimate 
as a fimction of an r e pr e s e nting th e amount of echo present in said tfie partially 
decoded n e ar e nd signals in r e spons e to said at l e ast partially d e cod e d n e ar end signals 
and said at l e ast partially d e cod e d far e nd signals, and wh e r e in said adjusting fiirther 
compris e s adjusting said first param e ter in r e spons e to said e cho lilc e lihood near-end 
signal. 

35. (Currently Amended) A m e thod, as claim e d in The method of claim 32[[,]] wherein 
said characteristics compris e sp e ctral shape and wher e in said the first parameter 
compris e s includes at least one of a representation of filter coefficients, and wh e r e in 
said adjusting compris e s adjusting said repr e s e ntation of filter co e ffici e nts towards a 
magnitud e fi- e qu e ncy r e spons e in r e sponse to said e cho lik e lihood signal a codebook 
gain, codebook vector parameter, pitch period parameter, or pitch gain parameter . 

36. (Currently Amended) A m e thod, as claim e d in The method of claim 35[[,]] wherein 
said the representation of filter coefficients compris e s includes line spectral 
frequencies. 

37. (Currently Amended) A method, as claim e d in The method of claim 3 5 [[,]] wherein 
sad the representation of filter coefficients comprises includes log area ratios. 

38. (Currently Amended) A m e thod, as claim e d in The method of claim [[35,]] 70 wherein 
said tiie magnitude frequency response corresponds to background noise. 
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39-43. (Cancelled). 



44. (Currently Amended) A method, as oloim e d in The method of claim [[43,]] 35 wherein 
said representation of filter coefficients comprises line spectral frequencies. 



45. (Cancelled). 



46. (Currently Amended) A m e thod, as claim e d in The method of claim [[43,]] 35 wherein 
SMd Ae representation of filter coefficients corresponds to a linear predictive coding 
synthesis filter. 

47. (Currently Amended) A m e thod, as claim e d in The method of claim [[32,]] 68 wher e in 
said the first param e t e r corresponds to a first charact e ristic of said plurality of audio 
charact e ristics, wh e r e in said plurality of d e coding proc e dur e s compris e s further 
including employing at least one decoding procedure to at least partially decode the 
near-end signal to avoiding avoid substantial altering of said a first characteristic and 
wh e rein said performing at l e ast a pluralit>^ of said d e coding proc e dur e s compris e s 
avoiding performing said at l e ast on e d e coding procedur e of the near-end signal . 

48. (Currently Amended) A m e thod, as claim e d in The method of claim 47[[,]] wherein 
said audio the first characteristic of the near-end signal is compris e s pow e r and wh e r e in 
said first charact e ristic compris e s power. 

49. (Currently Amended) A m e thod, as claim e d in The method of claim 47[[,]] wherein 
said the at least one decoding procedure compris e s includes post-filtering. 



50. 



(Cxirrently Amended) A m e thod, as claim e d in The method of claim [[32,]] 54 wherein 
smd the compression code comprises includes a linear predictive code. 
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5 1 . (Currently Amended) A m e thod, as claim e d in The method of claim [[32,]] 54 wherein 
said the compression code comprises includes at least one of a linear predictive code, 
regular pulse excitation long-term prediction cod e, or code excited linear prediction 
code. 

52. (Cancelled). 

53 . (Currently Amended) A m e thod, as claim e d in The method of claim 32[[,]] wherein 
smd Ae first parameter of the plurality of parameters compris e s includes a series of 
first parameters received over time , wherein said reading compris e s reading said s e ri e s 
of first param e t e rs, and wh e r e in said adjusting compris e s gen e rating said adjust e d first 
param e t e r in r e sponse to said at l e ast partially d e coded n e ar e nd and far end signals and 
to at l e ast a plurality of said s e ri e s of first param e ters . 

54. (Currently Amended) A m e thod, as claim e d in The method of claim 32[|',]] wher e in 
said compr e ssion cod e is arrang e d in fi-am e s of said digital signals and wher e in said 
fitimes compris e a plurality of subfi'am e s e ach comprising said first paramet e r, wh e r e in 
said r e ading compris e s r e ading at l e ast said first param e t e r fi-om each of said plurality 
of subfi-am e s in r e sponse to said further including transmitting the far-end and near-end 
signals using a compression code, the compression code included in fi'ames of the near- 
end and far«end signals, the firames including a plurality of subfiles each including 
the and wh e r e in said replacing compris e s r e placing said first param e ter with said 
adjust e d first parameter in e ach of said plurality of subfi'am e s . 

55. (Currently Amended) A method, as claim e d in The method of claim [[32,]] 54 wh e r e in 
said reading compris e s r e ading said first param e ter from a first of said subfram e s, 
wh e r e in said p e rforming compris e s b e ginning to p e rform at l e ast a plurality of said 
d e coding proc e dur e s on said n e ar e nd digital signal during said first subfram e and 
wh e r e in said r e placing compris e s fiirther including reducing echo in the near-end 
signal as a fiinction of replacing said a first parameter with said adjust e d first param e t e r 
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in the subframe before proc e ssing a subfram e following the first before replacing a first 
parameter of a subsequent subfile se-as to achieve lower delay. 

56. (Currently Amended) A m e thod, as claim e d in The method of claim 32 , wh e rein said 
compr e ssion code is arrang e d in fi-am e s of said digital signals and wherein said fi-am e s 
compris e a plurality of subfi'am e s e ach comprising said first param e ter, wher e in said 
p e rforming compris e s performing at l e ast a plurality of said d e coding proc e dur e s 
during a first of said subfi'am e s to g e nerat e said at least partially d e cod e d n e ar e nd and 
far e nd signals, wh e rein said r e ading compris e s r e ading said first paramet e r from a 
s e cond of said subfram e s occurring subs e qu e nt to said first subfram e , wh e r e in said 
adju s ting compri se s g e n e rating said adjusted first param e ter in r e spons e to said at l e ast 
partially d e cod e d n e ar end and far end signals and said first paramet e r, and wher e in 
said r e placing compris e s fiirther including replacing said a first parameter of said 
s e cond ma subfi^me with said an adjusted first parameter of a previous subfile . 

57. (Currently Amended) A method for reducing echo fa iiLa communications system fef 
transmitting including a n e ar e nd near-end and far-end digital signal signals. 
comprising the near-end signal including c ode samples, said tiie code samples 
comprising including first bits using a compr e ssion cod e and second bits using a lin e ar 
cod e , said cod e sampl e s r e pr e s e nting an audio signal, said audio signal ha\ing a 
plurality of audio charact e ristics, said system also transmitting a far end digital signal , 
[[a]] the method of r e ducing e cho in said n e ar e nd digital signal, comprising: 

generating an echo likelihood estimate representative of a likelihood of an 
echo signal in a partially decoded near-end signal as a fimction of a ratio of power of a 
present subframe of the near-end signal and power of past values of far-end subframes 
in a buffer: 

adjusting smd the first bits and said tiie second bit s, without d e coding said 
compr e ssion cod e in said n e ar e nd digital signal, in r e spons e to said near end digital 
signal and said far end digital signal to reduce echo charact e ristic s of said in the near- 
end digital signal as a fimction of the echo likelihood estimate : and 
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transmitting the first and second bits in an adjust e d stat e to a far end device 
to present th e first and s e cond bits in audible form to an end user. 

58. (Currently Amended) [[A]] TTie metho d, as claimed in of claim 57 , wherein said 
further including employing linear code in the second bits, the linear code comprises 
including pulse code modulation (PCM) code. 

59. (Currently Amended) [[A]] The metho d, as claim e d in of claim 57 , wh e r e in said 
further including employing a compression code in the first bits, the compression code 
including samples that conform to-Ae a tandem-free operation of ^ a global system 
for mobile communications standard. 

60. (Currently Amended) [[A]] TTie metho d, as claimed in of claim 57[[,]] wherem smd tiie 
first bits compris e th e include two least significant bits of said the code samples and 
wh e r e in said the second bits compris e th e 6 include six most significant bits of said the 
code samples. 

61 . (Currently Amended) [[A]] The metho d, as claim e d in of claim 60[[,]] wherein said 6 
the six most significant bits comprise include PCM code. 

62-63. (Cancelled). 

64. (New) The apparatus of Claim 1 further including a decoder module to at least 
partially decode the near-end and far-end signals and generate a partially decoded 
near-end signal and a partially decoded far-end signal. 

65. (New) The apparatus of Claim 1 wherein the plurality of parameters include a 
plurality of audio characteristics of an audio signal, the plurality of audio 
characteristics including at least one of a spectral shape of the audio signal, an 
overall level of the audio signal, period of long-term correlation, or strength of long- 
term correlation. 
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66. (New) The apparatus of Claim 4 wherein the echo reduction module is arranged to 
adjust the representation of filter coefficients towards a magnitude frequency 
response. 

67. (New) The apparatus of Claim 23 wherein the echo reduction module is arranged to 
reduce echo in the near-end signal as a function of replacing at least the first 
parameter of the plurality of parameters in each of the subframes with an adjusted 
first parameter responsive to the echo likelihood estimate. 

68. (New) The method of Claim 32 further including at least partially decoding the near- 
end and far-end signals and generating a partially decoded near-end signal and a 
partially decoded far-end signal. 

69. (New) The method of Claim 32 wherein the plurality of parameters include a 
plurality of audio characteristics of an audio signal, the plurality of audio 
characteristics including at least one of a spectral shape of the audio signal, an 
overall level of the audio signal, period of long-term correlation, or strength of long- 
term correlation. 

70. (New) The method of Claim 35 further including adjusting the representation of 
filter coefficients towards a magnitude frequency response. 

71 . (New) The apparatus of Claim 54 further including replacing at least the first 
parameter of the plurality of parameters in each of the subframes with an adjusted 
first parameter responsive to the echo likelihood estimate. 

72. (New) An apparatus for reducing echo in a near-end signal in a communications 
system, the communication system transmitting near-end and far-end signals using a 
compression code, the compression code including a predetermined plurality of 
parameters including a first parameter, the apparatus comprising: 

a decoder module to at least partially decode the near-end signal and read 
the first parameter; 

an echo likelihood estimation module to generate an echo likelihood 
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estimate estimating the amount of echo in the near-end signal as a function of a 
power of current subframe of the near-end signal and powers of a buffer of past 
values of far-end subframe; 

an adjustment module to adjust the first parameter of the predetermined 
plurality of parameters in the near-end signal as a function of the echo likelihood 
estimate to reduce echo in the near-end signal; and 

a transmission module to transmit the near-end signal with reduced echo 
to a far-end user. 

73. (New) A method for reducing echo in a near-end signal in a communications 

system, the conmiunication system transmitting near-end and far-end signals using a 
compression code, the compression code including a predetermined plurality of 
parameters including a first parameter, the method comprising: 

at least partially decoding the near-end and far-end signals; 

generating an echo likelihood estimate estimating the amount of echo in 
the near-end signal as a function of a power of current subframe of the near-end 
signal and a buffer of past values of far-end subframe power values; 

adjusting the first parameter of the predetermined plurality of parameters 
in the near-end signal as a function of the echo likelihood estimate to reduce echo in 
the near-end signal; and 

transmitting the near-end signal with reduced echo to a far-end user. 



